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FM stereo apparatus St method. 
@ An output matrix (52? adapted to receive an U-R signal 
component {made up of the sum of L and R stereo 
components) and an L-R siynal component, and to combine 
these in a manner to produce a separate L output and a 
separate R output, with certain modifications to the outputs. 
The higher frequency portion of the L-R signal is passed 
through a detector which, in turn, causes a leading edge 
amplifier (76) to transmit to the matrix (52) only those signal 
portions where there is a relatively abrupt change of 
amplitude, these being the signal portions which contain the 
main stereo information which gives the directional informa- 
tion. Also, the L+R signal component, in addition to being 
transmitted directly to the matrix (52). is directed through 
time delay (56,62) means to produce a time delayed L-R 
signal component that is also transmitted to the matrix (52). 
so as to provide what are called "ambient" sounds to the 
output of the matrix. 
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(3) FM stereo apparatus & method. 



@ An output matrix adapted to receive an L^R signal 
component (made up of the sum of L and R stereo 
components) and an L-R signal component, and to combine 
these in a manner to produce a separate L output and a 
separate R output, with certain modifications to the outputs. 
The higher frequency portion of the L-R signal is passed 
through a detector which, in turn, causes a leading edge 
amplifier to transmit to the matrix only those signal portions 
where there is a relatively abrupt change of amplitude, these 
being the signal portions which contain the main stereo 
information which gives the directional information. Also, 
the L-R signal component, in addition to being transmitted 
directly to the matrix, is directed through time delay means 
to produce a time delayed L + R signal component that is also 
transmitted to the matrix, so as to provide what are called 
"ambient" sounds to the output of the matrix. 
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The present invention relates to FM stereo, and more 
particularly to a method and apparatus for reproducing FM 
stereo sounds in a manner to reduce noise and distortion, 
while preserving the quality of the reproduced stereo sounds. 
5 It is well known that when FM radio transmission is 

reproduced in the mono mode, there is a relatively high 
quality of sound reproduction, with little background noise 
and relatively little distortion. However, it is also well 
known that when there is FM transmission of a stereo signal, 

10 there is much greater noise and distortion. More specifically 
the L-R sound is quite susceptible to multipath distortion. 
This occurs when the FM signal is reflected off the side of 
a building, hill, or even by a bridge, so that there is a 
second or third delayed signal reaching the receiver. When 

15 these delayed signals are superimposed on the main signal 
transmitted directly to the receiver, there is distortion in 
the combined signal that is reproduced. 

The common method of producing FM stereo is to trans- 
mit an L+R signal (which is a combination of the left stereo 

20 signal and the right stereo signal) as a frequency modulation 
on the radio frequency carrier, which, when demodulated, has 
signals in the band from 0 to 15 kHz. There is also an L-R 
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signal component (which is the difference between the left 
stereo signal and the right stereo signal), and this is 
transmitted in a band width which is centered on a 38th kHz 
subcarrier, with the range of this band being from about 23 
5 kHz to 53 kHz. These two sets of signals are separated in the 
receiver, then fed to a decoding matrix which combines these 
signals so as to provide separate L and R outputs that corres- 
pond to the original left and right stereo signals, and are 
in turn fed to left and right speakers to produce the stereo 
10 sound. 

The L+R signal is, of itself, of high quality, while 
most of the random noise and multipath distortion is attribu- 
table to the L-R signal. There have been attempts in the 
prior art to somehow mask or eliminate the random noise and 
15 distortion in the L-R signal. It has been recognized in the 
prior art that most of the undesirable noise ^and distortion 
is present in the higher frequency range of the L-R signal, 
and for this reason, one approach has been to mute the high 
frequency part of the L-R signal component, particularly where 
2 0 there is low signal strength so that the noise and distortion 
is more noticeable,. Such an approach is disclosed in U.S. 
3,943,293, Bailey. However, by so muting or eliminating the 
L-R information, much of the stereo effect is lost, with the 
L+R signal being transmitted from both speakers so that, in 
25 effect, there is produced a more mono-like sound rather than a 
full stereo sound. 

The overall effect is that when the music is playing 
loudly, the sound moves out to the speakers for the stereo 
effect. However, when the music begins to be less loud, it 
30 moves from the location of the speakers to a center location. 
Likewise, when a single instrument is playing loudly, it 
appears to come from the speaker location, but then move to a 
location between the speakers when that same instrument is 
playing more softly. 
35 Another consideration is that many of the prior art 

approaches have failed to recognize the significance or role 
of what might be termed the "ambient 11 sounds in a stereo 
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recording. The quality of a stereo recording is affected by 
sounds which are reflected at the recording location and then 
picked up by the recording microphones. While these sounds 
may or may not be directional, when added to the main musical 
5 sound, they produce a certain fullness of the sound which is 
more representative of a live performance. Such reflected or 
delayed sounds are the "ambient" sounds referred to above. 

In view of the above, it is an object of the present 
invention to reproduce FM stereo sound in a manner to minimize 
10 random noise and distortion, while preserving the directional 
information and fullness of the original stereo signal. 

The apparatus of the present invention provides an 
improved FM stereo output, where there is an L+R signal 
component corresponding with the sum of an L signal and an R 
15 signal, and an L-R signal component corresponding to the 
difference of the L signal and the R signal . The apparatus 
comprises an input means to provide an input signal made up 
of the L+R signal component and the L-R signal component. 
There is output means including matrix means to receive and 
20 combine said signal components at respective sufficiently 
high levels to produce a first output mode where there is a 
first output component corresponding more to said L signal 
and a second output component corresponding more to said R 
signal so as to be able to provide directional information, 
25 and to receive at least said L+R signal at a sufficiently- 
greater level than said L-R signal to produce a second output 
mode where said first and second output components both 
correspond more closely to said L+R component. 

Further, there is control means, including detector 
30 means, to detect from said signal first signal portions where 
there is a more abrupt change of amplitude and to transmit the 
L-R signal components of the first signal portions at said 
sufficiently high levels to produce the first output mode, 
and during second signal portions other than said first signal 
35 portions to diminish the L-R signal component relative to the 
L+R signal component to produce the second output mode. Also, 
there is time delay means adapted to receive the L+R signal 
comoonent and to provide a delayed L+R signal input to the 
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output means, so as in turn to produce a delayed L+R output 
from the output means. 

Preferably, the control means is arranged to diminish 
primarily a higher frequency portion of the L-R signal compo- 
5 nent during said second signal portions. Specifically, the 
control means can comprise a low. pass filter to transmit a 
low frequency portion of the L-R component, independently of 
the detector means. More specifically, the control means 
comprises an amplifier means to receive the L-R signal compo- 

10 nent and to transmit the L-R signal component to the matrix 
means. The detector means is responsive to the abrupt change 
of amplitude to cause the amplifier means to transmit the L-R 
signal component at a higher level in response to the 
detector means detecting the abrupt changes of amplitude. 

15 As another feature, there can be provided noise control 

means which is connected to the matrix in parallel with the 
amplifier means to transmit the L-R signal component to the 
matrix means. The noise control means has selectively operable 
switch means to diminish the L-R signal component delivered 

20 by the noise control means so as to be able to diminish noise 
contributed by the L-R signal component. 

In one form, the detector means is responsive primarily 
to increase in amplitude of a signal. In another form, the 
detector means is responsive to both abrupt increases and 

25 decreases in the amplitude of the signal. 

In the preferred form the time delay means comprises a 
first time delay device to produce a first delayed L+R signal 
input of a shorter delay and a second time delay device to 
produce a second delayed L+R signal input of a greater delay. 

30 The control means further comprises time delay control means 
to control amplitude of the delayed L+R signal input in accor- 
dance with relative signal strength of the L-R signal compo- 
nent in comparison to the L+R signal component. 

The time delay means is arranged so that one of the time 

35 delay devices produces its time delay input at a higher 
frequency range of the L+R signal component, and the other 
time delay device produces delayed input at a lower frequency 
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portion of the L+R input. Specifically, the first time delay 
device produces the shorter time delay input at the higher 
frequency, and the second time delay device produces the 
longer delay input at the lower frequency. 
5 Preferably, there is filter means to receive the 

delayed input from the time delay means and to diminish a 
middle frequency portion of the time delayed input relative 
to low and high frequency portions thereof, so as to provide 
a modified input which is transmitted to the output means. 

10 To control amplitude of the delayed input, there is a 

comparator which comprises first and second means to receive 
first and second input values related, respectively, to the 
L+R signal component and the L-R signal component, so as to 
produce first and second output values related to the log of 

15 the respective input value. The first and second output values 
are subtracted from one another by third means to produce a 
third output value related to actual value of the ratio of 
the first and second input values. There is fourth means to 
direct the third output to the time delay control means to 

20 increase or decrease amplitude of the delayed input. 

In the preferred form, control logic means is provided 
to cause the output means to be selectively responsive to the 
control means. The logic means comprises a signal strength 
indicator means responsive to a value related to the input 

25 signal in a manner to determine low signal strength condition 
where signal strength is below a predetermined signal value. 
Also, there is multipath distortion indicating means responsive 
to variations in a value relating to the input signal to 
indicate a multipath distortion condition where multipath 

30 distortion is above a predetermined multipath distortion level. 
There is logic means responsive to the signal strength indica- 
tor and the multipath distortion indicator to cause the output 
means to be responsive to either the low signal strength 
condition or the multipath distortion condition. 

35 Desirably, the control logic means further comprises a 

time logic circuit to initiate a predetermined examination 
time period during which the signal strength indicating means 
and the multipath distortion indicating means become operative. 
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Also, the logic circuit means desirable includes muting means 
to cause the output of the apparatus to become mute during 
the examination time period. Also, the logic circuit means is 
responsive to station change indicating means of the apparatus 

5 in a manner to initiate the examination period where there 
is a change of station input to the apparatus. 

Further, in the preferred form, there is a muting 
signal input means responsive to a muting signal of the 
apparatus to cause the time logic circuit to initiate the 

10 examination period to cause operation of the signal strength 
indicator and the multipath distortion indicator. 

Trigger switch means is provided to initiate the 
examination period in response to initial operation of the 
control means. Also, the trigger switch means can be made 

15 responsive to deactivation of the control means to cause the 
time logic circuit means to mute the sound output for a time 
period after the control means is deactivated, and before L 
and R signals are transmitted directly from the output means. 

In the specific embodiment shown herein, the detector 

20 means comprises capacitor means to receive a value related to 
the L-R signal component and to transmit a differentiated 
signal related to rate of change of the L-R signal component. 
There is signal control means responsive to the differentia- 
ted signal to produce a control signal. Also, there is L-R 

25 variable tranmitting means adapted to transmit the L-R signal 
component to the output means at a variable output level. 
This transmitting means is responsive to the control signal 
to transmit the L-R signal component at a greater or lesser 
level depending on magnitude of the differentiated output 

30 from the capacitor means. 

More specifically, the detector means comprises 
rectifying means to receive the L-R signal and produce a 
rectified L-R signal value. There is amplifier means to 
receive the rectified value to produce the value related to 

35 the L-R signal component. Further, there is means providing 
a circuit path from the amplifier to the signal control means 
to transmit thereto a value related to absolute magnitude of 
the L-R signal component. 



7 - 



0097982 



In another embodiment, there are steering diodes 
positioned between the capacitor means and the L-R signal 
control means in a manner to make the L-R signal control 
means responsive to both increases and decreases in magnitude 
5 of the differentiated signal. 

In the method of the present invention there is the step 
of providing the input signal as described above, then detec- 
ting from the signal first signal portions where there is a 
more abrupt change of amplitude. During the first signal 
10 portions, there is the step of receiving and combining the 
signal components at the respectively sufficiently high 
levels to produce the first output mode, and to produce the 
second output mode during the second signal portions. The 
more specific features of the method of the present invention 
15 correspond to the operations performed by the above described 
apparatus, so these will not be repeated herein. 

Other features of the invention will become apparent 
from the following detailed description. 

BRIEF DESCRIPTION OF THE DRAWINGS 
20 Fig. 1 is a schematic view illustrating the manner in 

which stereo recordings are typically made; 

Fig. 2 is a bloc diagram showing the main operating 
components of the present invention; 

Fig. 3 is a graph illustrating the spectral shape of 
25 the fielder for the L+R time delay device of the present 
invention; 

Fig. 4 is a circuit diagram of the input matrix; 

Fig. 5 s a circuit diagram of the output matrix; 

Fig. 6 is a circuit diagram of the comparator; 
30 Fig. 7 is a circuit diagram of the automatic gain 

control amplifier; 

Fig. 8 is a circuit diagram of the leading edge 
detector along with the noise control device; 

Fig. 8-A is a circuit diagram of a portion of the 
35 leading edge detector showing a modified form thereof; 

Fig. 9 is a circuit diagram of the logic driven output 
switching device; 

Fig. 10 is a block diagram of the decision time logic 
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apparatus; 

Fig. 11 is a circuit diagram, drawn on two separate 
sheets, of the decision time logic device of Figure 10. 
DESCRIPTION OF THE PREFERRED EMBODIMENT 
5 It is believed that a clear understanding of the novel 

features of the present invention will be obtained by first 
describing in general how stereo recordings are made and also 
certain phenomena of stereo sound. The general manner in which 
a stereo recording is made will now be explained with refe- 
10 rence to Figure 1. 

A quite common method of making a stereo recording is 
to provide two microphones 10 and 12 at a spaced distance 
from one another. The sound sources (i.e. musical instruments, 
human voices, drums, etc.) are positioned at various locations 
15 in front of the microphones 10 and 12, and five such sound 

sources are indicated schematically at 14, 16, 18, 20, and 22. 
The sound source 18 is equally distant from the two micro- 
phones 10 and 12, so that the sound from source 18 would be 
received at the same time and at the same intensity at each 
20 microphone 10 and 12. Thus when the signals corresponding to 
the sound from the source 18 are reproduced in stereo speakers, 
substantially the same sound is reproduced at the same time 
at the speakers. Thus, the sound from the source 18 would 
more resemble a mono sound and would appear to be coming from 
25 a location intermediate the two speaker locations. 

On the other hand, when a sound is produced from a 
source which is much nearer to one microphone .than to the 
other, the sound is recorded quite differently at each micro- 
phone. For example, the sound from the source 14 is received 
30 at an earlier time and at a higher intensity at microphone 10 
than it is at the microphone 12. When the recorded signals 
are reproduced in stereo at two speakers, there is first 
produced a louder sound from one speaker (corresponding to 
the sound received by microphone 10) and a short instant later 
35 a softer similar sound emanating from the other speaker (this 
corresponding to the sound received at the microphone 12) . 
This sort of sound has much more of the directional character 
that is associated with stereo. It is a combination of these 
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sounds, some appearing to be emanating from both speakers, 
and others as a separate sound from each speaker, that 
produce the overall stereo effect. 

In addition, there are those sounds which have been 
5 identified earlier as "ambient" sounds. These are the sounds 
which are reflected from walls or other objects at the 
location of recording and then picked up by the microphones. 
When these reflected sounds are reproduced in the speakers, 
they add something of the effect of echoes or reflected sounds 

10 that might be heard as live music in a room or music hall. 

These ambient sounds generally do not contain very much of the 
directional information of the stereo signal. Rather, they are 
reproduced in the form of a general echo or background sound 
which exists generally in the vicinity of the sound source. 

15 Further, to appreciate the novel feature of the present 

invention, it is necessary to examine how the directional 
information from a sound is detected. By way of example, let 
it be assumed that a sound is heard by a person at a location 
which is forward of the person and to the left side of the 

20 person. Since the source of the sound is nearer to the person's 
left ear, the sound wave first reaches the left ear, and an 
instant later the same sound reaches the right ear. The 
person's hearing mechanism is sensitive to this very short 
delay in recognizing the same sound reaching the person's 

25 ears and the person's brain translates this into directional 
information as to the source of the sound. However, it should 
be recognized that it is the initial sound wave (i.e. the 
"leading edge" of the sound wave) which provides the direc- 
tional information . 

30 To illustrate this further, let it be assumed that a 

person walks into a room where there is a constant humming 
sound. As the person opens the door to the room, this sound 
becomes audible . Since this is a constant sound, with no 
"leading edge", it contains no directional information. About 

35 the only way that the person can determine the source of the 
sound is by moving to different locations and detecting 
differences in amplitude of the sound. When the person finally 
reaches the location where the amplitude is greatest, the 
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person can be assumed to be nearest to the sound source. 

However, let us assume that instead of the sound being a 
constant hum, it is a "beeping" sound which goes on and off. 
The person can quickly detect the initiation or "leading 
5 edge' 1 of each beep, and this directional information can 
immediately be translated into information indicating the 
source of the sound. 

Also, the interruption of a sound contains directional 
information. When a sound abruptly terminates , the ear nearer 

10 the sound source will detect the absence of sound sooner than 
the other ear. This information is translated in the person's 
brain as directional information and helps identify the 
location of the sound source. 

With the foregoing in mind, let us now turn our 

15 attention to the conventional manner in which FM stereo 

signals are transmitted, received and reproduced as audible 
sounds. For historical reasons in the development in FM 
broadcasting (the complexities of which are beyond the scope 
of this brief introduction), FM stereo signals are commonly 

20 not transmitted as a pure left stereo signal and a pure right 
stereo signal. Rather, there is a first signal component 
which is an L+R signal component (a combination of the left 
stereo signal and the right stereo signal). This signal 
component is transmitted at a lower frequency (i.e. below 

25 15 kHz). Then there is a second stereo component which is an 
L-R component (i.e. a component which is the difference of the 
left stereo signal and the right stereo signal) . This signal 
component is transmitted at a higher frequency (i.e. at a 
frequency centering at the 38 kHz frequency) . When the two 

30 signal components are received, translated into audio signals 
and then properly combined in a matrix, (or in some instances 
recovered directly by synchronous switching phase locked to a 
19 kHz synchronizing pilot signal) there is reproduced the L 
signal (corresponding to the left stereo signal) and the R 

35 signal (corresponding to the right stereo signal). This is 

accomplished by first combining the L+R component with the L-R 
component, so that the R portions cancel out, and we are left 
with a two L signal which is transmitted through one speaker. 
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Then the L+R component is combined with an inverted L-R 
component (i.e. an R-L component) to produce a two R signal 
which is then transmitted through the right speaker. 

Let us now examine the type of information which is - 
5 stored in the L+R component and the L-R component. The L+R 
component carries the monophonic information, while the L-R 
component carries the spatial information. The spatial infor- 
mation can be further broken down into two sub components. 
First there is the localizing information which identifies the 

10 sound as coming from one speaker or the other. Second, there 
is the ambient information which, as indicated earlier, 
relates to the sounds which are reflected from walls or other 
objects at the location of recording and then picked up by 
the microphones. It can be stated as a generalization that a 

15 verly large portion of the information in the L-R component ^ 
(possibly as much as 85%) is ambient information that is 
redundant in that it is also contained in the L+R component. 
In view of this, the approach which has been taken in the 
apparatus and the method of the present invention is to 

20 recognize this redundancy and utilize from the L-R component 
mainly that information which is necessary to recreate the 
directional information of the stereo effect. As to the 
information in the L-R signal which can be considered 
generally redundant in the L+R component, the approach is to 

25 refrain from obtaining this information from the L-R component. 
Rather, this information is reconstructed from the L+R 
component in a form which is relatively free from noise and 
distortion. - — 
With the foregoing in mind, reference is now made to 

30 Figure 2, which is a block diagram of the main components of 
the present invention. It is assumed that the FM stereo 
information has been transmitted as an L+R component and an 
L-R component, that these two components have been received 
by an FM tuner, and that the FM tuner has translated these 

35 into audio signals and then combined these in a suitable 
matrix to produce the L and R signal outputs. These L and R 
stereo outputs could be transmitted directly to left and 
right speakers to reproduce stereo music. If the FM stereo 
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station has a rather strong signal and is reasonably free of 
multipath distortion, high quality stereo music can be repro- 
duced from these signals. However, if the signal is weak or 
if there is substantial multipath distortion, the L-R compo- 

5 nent would have been degraded, and this would reappear in the 
L and R output signals which are reproduced. Thus, the appa- 
ratus which is shown in Figure 2 can be added on to a 
conventional FM stereo receiver, to take the output of that 
receiver and produce improved L and R output signals. However, 

10 it is to be understood that the present invention could be 

made to utilize the L+R and L-R signal components as original- 
ly received. 

As shown in Figure 2, there is an input matrix 30 which 
receives the L and R stereo signals produced from the conven- 

15 tional FM stereo receiver. This input matrix 30 transmits the 
L and R signals through lines 32 and 34 respectively to a 
logic driven output switching device 38 which will be 
described in more detail later herein. Also there is a 
decision time logic device 36 which examines control voltages 

20 with the tuner to determine: a) if the strength of the signal 
is above a certain minimum level, and b) if the multipath 
distortion of the signal is below a predetermined level. If 
both of these conditions exist then the L and R signals are 
transmitted without further processing directly to the logic 

25 drive output switching device 38, which in turn transmits 

the signals directly to the left output 40 and the right out- 
put 42. In other words, since the L and R signals already 
have sufficiently high quality, they are simply transmitted 
to the output terminals 40 and 42 without any further treat- 

30 ment .However, if the signals are too weak, or if there is too 
much multipath distortion, the decision time logic device 36 
senses this and brings into play the main operating components 
of the present invention, which will now be described below. 
The input matrix 30 also functions to combine the two 

35 L and R signals to provide an L+R signal component at the 
output terminal 44, and the matrix 30 also functions to 
subtract the left and right components to provide an L-R 
component at the output terminal 46. The L+R component is 
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transmitted through line 48 to an input terminal 50 of an 
output matrix 52. 

The L+R signal is also transmitted from the terminal 
44 through a line 54 to a first delay device 56. The device 
5 56 delays the signal by a relatively short increment of time 
(in the specific embodiment shown herein, about 11 milli- 
seconds), and transmits the delayed signal to a high pass 
filter 58, which in turn passes only those components of the 
signal higher than 3 kHz to a summing junction 59. 

10 The L+R signal from the terminal 44 is also directed 

through the line 54 to a low pass filter 60 which passes 
through only those portions of the signal which are below 
3 kHz. The output from the filter 60 is directed to a second 
time delay device 62, which provides a relatively long delay 

15 (in the specific embodiment shown herein a delay of approxi- 
mately 26 milliseconds) . The delayed output from the device 
62 is then transmitted to a high pass filter 64 which passes 
only those components of the signal which are above 
approximately 480 Hz. However, the delayed output from the 

20 device 62 is also transmitted through a resistor 65 which is 
in parallel with the filter 64, so that the low frequency 
portion of the delayed L-R signal is transmitted to the 
summing junction at a lower amplitude. Thus, the signal which 
is transmitted from the high pass filter 64 is delayed by 

25 about 26 seconds, and has a frequency range between approxi- 
mately 480 Hz and 3,000 Hz. This signal is transmitted to the 
summing junction 59. 

The combined signal from the junction 59 is transmitted 
to an automatic gain control amplifier 66. The function of 
30 this amplifier 66 is to make the output from the junction 59 
either weaker or stronger, depending upon the magnitude of 
the ratio of the L-R component to the L+R component. At this 
point of the description, it may be helpful to pause and 
examine the general purpose of the components described 
35 immediately above as they relate to the recreation of the L 
and R stereo signals to provide high quality music. It will 
be recalled that in the discussion contained earlier herein, 
it was stated that much of the information in the L+R channels 



- 14 - 



0097982 



is redundant in the L+R channel. It has been found that a 
substantial portion of this redundant information can be in a 
sense recreated quite advantageously by taking the L+R signal, 
delaying the signal and reintroducing the signal into the 
5 output matrix 52. However, it is necessary to control the 

amplitude of the delayed L+R signal so that it corresponds to 
the strength of the L-R component. For this reason, the 
delayed signals from the summing junction 59 are passed through 
the AGC amplifier 66. 

10 To control the amplifier 66, there is provided a 

comparator circuit 68, which provides an output which is 
proportional to the ratio of the L-R component to the L+R 
component. To accomplish this, there are two inputs to the 
comparator 68, namely an output from an L+R DC converter 70 

15 and an L-R DC converter 72. As its name implies, the converter 
7 0 receives the L+R output component from the terminal 4 4 and 
converts this to a DC signal transmitted to the logarithm/ 
antilogarithm comparator 68. The L-R DC converter 72 receives 
the L-R signal component from the output terminal 46 of the 

2 0 matrix 4 0 and transmits a corresponding DC component to the 
comparator 68. This comparator 68 is or can be of conventional 
design, and this will be described later herein. As indicated 
previously, the output from the comparator 68 determines the 
strength of the signal transmitted from the summing junction 

25 59. If the L-R component is relatively strong compared to the 
L+R component, the amplifier 66 will amplify the output from 
the summing junction 59 to a higher degree. The opposite is 
true if the ratio output from the comparator 68 is higher. 

The output from the amplifier 66 is then directed to 

3Q a low Q band stop filter 74 which is or may be of conventional 
design. This filter 74 functions to shape the output from the 
amplifier 66 to cause it to match more closely the spectral 
shape of the L-R component. More specifically, it attenuates 
some of the sound in the middle frequency range, and the 

35 pattern of attenuation is illustrated in Figure 3. 

To proceed now to a description of a very important 
feature of the present invention, the L-R component from the 
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output terminal 46 is transmitted to a low pass filter 76 also 
to what is termed a "leading edge detector" 78, and also to 
a selectively operated noise control device 79. The filter 76, 
the detector 78 and the noise reducing device are connected in 
5 parallel with one another, and the outputs of these two 
components 76 and 78 are directed to a summing junction 80, 
which also receives the output from the low Q band pass filter 
74. 

The low pass filter 76 passes only the lower frequency 

0 portion of the L-R component (specifically in the present 

design those frequencies below 450 Hz), at a lower level (i.e. 
reduced by about 8 db) . It has been found that this lower 
frequency portion of the L-R component, reduced in amplitude 
by about 8 db, contains little of the undesired noise and is 

5 much less susceptible to multipath distortion. Accordingly, 
it is transmitted undisturbed (except for the reduction in 
amplitude) to the summing junction 80. 

The leading edge detector responds only to relatively 
abrupt changes in the amplitude of the L-R signal (i.e. 

0 either an abrupt increase or decrease in amplitude) . When 
there is such an abrupt change, the detector 78 becomes 
conductive to transmit that portion of the L-R signal at a 
higher level to the summing junction 80. For steady state 
sound signals, the detector 78 transmits the signal at a 

5 substantially reduced level. 

The output from the summing junction 80 is transmitted 
to the input terminal 82 of the output matrix 52. The input 
at 8 2 is combined with the L+R component input at 50 to 
produce the signals at the L and R terminals 40 and 42. 

0 To proceed now to a more detailed description of some 

of the components illustrated in Figure 2, reference is made 
to Figure 4, which shows the input matrix 30. Since this 
input matrix 30 is of conventional design, it will be 
described only briefly herein. The left and right stereo 

5 signals are directed respectively to unity gain buffers 90 
and 92. The outputs from the buffers 90 and 92 are directed 
through respective resistors to an operational amplifier 94, 
the output of which is the L+R signal component. Also, the 
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output from the unity gain buffers 90 and 92 are directed 
to an operation amplifier 96 in a manner to be subtracted 
from one another to provide the L-R signal component. 

In Fig. 5, there is shown the details of the output 
5 matrix 52. Since this is also of conventional design, it will 
be described only briefly. The two outputs at 50 and 82 are 
added to one another at the amplifier 100, and the output 
from the amplifier 100 is amplified by the amplifier 102 and 
transmitted to the L output 103. Also, the inputs at terminals 

10 50 and 82 are directed to the amplifier 104, where the input 
at 82 is subtracted from the input at 50. The output from the 
amplifier 104 is directed to the amplifier 106 and thence to 
the R output terminal 107. 

It will be recalled from the earlier description that 

15 the input at 50 is a pure L+R signal component. The input 
signal at the input terminal 82 is from the summing junction 
80, which is a combination of the two time delay signals from 
the junction 59, the L-R low frequency signal from the filter 
76, the L-R output from the leading edge detector 78, and 

20 the output from the noise control device 79. The manner in 
which the output from the junction 80 is combined in the 
matrix 52 is quite significant with respect to the operation 
of the present invention, and this will be discussed more 
fully later herein in connection with the overall operation 

25 of the present invention. 

The two DC convertors 70 and 72 are of conventional 
design, so these will not be described in detail herein. As 
indicated previously, these convertors 70 and 72 take the 
L+R and L-R signal components, respectively, and convert 

30 these to DC signals which are in turn directed to the compa- 
rator 68. 

The logarithm/an tilogarithm comparator 68 is shown in 
Figure 6. The output from the L+R DC convertor 70 is directed 
to the amplifier 108, the output of which is a value equal 
35 to the log of the input voltage. In like manner, the DC 

output from the L-R DC convertor is directed to the amplifier 
110, the output of which is the log of the input voltage. 
These two log values are subtracted from one another at the 
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the amplifier 112, and the output from the amplifier 1 1 2 is 
in turn directed to the anti-log amplifier 114. The amplifier 
114 translates the log input into the actual numerical value 
of the log which is the ratio of the two inputs to the 
5 amplifiers 108 and 110. Thus, the output from the comparator 
68 is a negative value, the absolute value of which is the 
ratio of the L+R signal component to the L-R signal component. 

The AGC amplifier 60 is illustrated in Figure 7. The 
output from the comparator 68 is received at input terminal 
10 116 and directed to an amplifier 118, the output of which is 
always a negative value. The output from the amplifier 118 is 
directed to one terminal 120 of the bridge 122, and is direc- 
ted also through an inverting amplifier 124, the output of 
which is directed into an opposite side of the. bridge 122 at 
15 126. The output from the summing junction 59 is received at 
input terminal 128 and directed through two voltage dividing 
resistors 130 and 132. The voltage at the location between 
the resistors 130 and 132 is directed to the amplifier 134. 
When output from the amplifier 118 is more negative, it makes 
20 the bridge 122 more conductive to reduce the voltage level 

between the two resistors 130 and 132 and thus reduce the value 
of the signal transmitted to the amplifier 134. Thus, when 
the L-R signal is weaker the signal transmitted to the 
operational amplifier 134 is weaker. 
25 Attention is now directed to Figure 8, which illustra- 

tes the leading edge detector 78. The L-R signal component is 
received at the input terminal 140 and directed to the ampli- 
fier 142, the output of which is further amplified by the 
amplifier 144. The output from the amplifier 144 is directed 
30 to the diodes 146 and 148. The result is that there is a DC 
output from the diode 146, which is transmitted through three 
resistors 150, 152 and 154, which are in series with one 
another and connected to the amplifier 156. Also, a first 
capacitor 158 is connected from the juncture between the 
35 resistors 150 and 152 to ground. A second capacitor 160 is 

connected from the location between the resistors 152 and 154 
to ground. There is a third capacitor 162 which is connected 
between the input to the amplifier 156 to ground. The effect 
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of these three capacitors 158, 160 and 162 is to successively 
dampen minor variations in the signal. These components are 
so arranged that the signal passing from the resistor 150 is 
moderately "smoothed", and the signal transmitted from the 
5 resistor 152 is "smoothed" to get a greater degree. The time 
constant of the capacitor 162 is such that the signal trans- 
mitted from the resistor 154 is a substantially constant 
voltage. 

There are two sets of diodes, connected in parallel, 

10 from the location between the resistors 152 and 154 to the 
input terminal of the amplifier 156. More specifically, there 
is a first diode 164 arranged to pass a negative signal to 
the amplifier 156 and to block a positive going signal. There 
is a second set of three diodes 166 which are arranged to 

15 pass a positive going signal, but to block any negative going 
signal. When the negative signal from the operation amplifier 
144 is going more negative (i.e. becoming stronger), and 
when the magnitude and duration rate of change of the signal 
is sufficiently great, it is able to overcome the bias of 

20 the diode 164 and transmit a signal to the amplifier 156. 

When the negative signal from the amplifier 144 is going less 
negative (i.e. decreasing in absolute magnitude), there must 
be a change of relatively greater magnitude and duration^ to 
overcome the bias of the three diodes 166 to cause a voltage 

25 change at the input of the amplifier 156. Thus, the circuit 
is arranged to be more responsive to an increase in amplitude 
in the L-R signal component, and to be somewhat less respon- 
sive to an abrupt decrease in magnitude of the L-R signal 
component. As will be discussed more fully later herein, 

30 the reason for this is that even though the abrupt increase 
as well as the abrupt decrease in amplitude contains directio- 
nal information, the person's hearing is more receptive to 
the abrupt increase in amplitude as directional information.. 

The output from the amplifier 156 is directed through 

35 a pair of voltage dividing resistors 168 and 170, with the 
midpoint of these two resistors 168 and 170 being directed 
to the operational amplifier 172, so that there is an output 
to the amplifier 172 related to signal strength. Also, the 
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output of the amplifier 156 is directed through a capacitor 
174 to the input of the operational amplifier 172. The 
function of the capacitor 174 is to cause some differentiation 
of the signal output from the amplifier 156, in a manner that 
5 it will pass on the voltage where the rate of change in 

voltage, either up or down, is sufficiently steep. The output 
of the amplifier 172 is directed to the base of a transistor 
176 to cause it to be conductive. This transistor 176 operates 
a current controlled amplifier 178, the input of which 

10 receives the L-R signal component directly from the operatio- 
nal amplifier 50. Thus, when there is a steady state signal 
of sufficient amplitude, the transistor 176 will become 
slightly conductive to cause the amplifier to pass the L-R 
signal at a low level. However, when the rate of change and 

15 magnitude of change of the L-R signal are sufficiently great 
to cause the transistor 176 to transmit through capacitor 174, 
the amplifier 178 will pass the L-R signal component at a 
much higher level. The output of the amplifier 178 is directed 
to the amplifier 180, which in turn is directed to the afore- 

20 mentioned summing junction 80. 

In the circuit described immediately above, only an 
abrupt increase in magnitude of the signal causes the tran- 
sistor 176 to be more conductive to cause the amplifier to 
pass the L-R signal at a higher level. While the person's 

25 ear is more receptive to abrupt increases in amplitude to 
discern directional information, the person's hearing is 
also somewhat receptive to abrupt decreases in amplitude to 
ascertain direction. Accordingly, the leading edge detector of 
Figure 8 can be modified slightly so as to be responsive to 

30 also abrupt decreases in amplitude, and this modification is 
shown in Figure 8-A. 

For ease of description, the components in Figure 8-A 
which correspond to certain components in Figure 8 will be 
given like numerical designations with an "a" suffix distin- 

35 guishing those in the modified form of Figure 8-A. 

Thus, there is an amplifier 156a which receives the 
same output as the amplifier 156 of Figure 8. This output is 
directed through the two voltage dividing resistors 168a and 
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170a, and also through the capacitor 174a. There is added a 
pair of steering diodes D-10 and D-ll connected to, respecti- 
vely, the plus and minus terminals of the amplifier 172a. In 
addition, a pair of voltage dividing resistors R-10 and R-ll 
5 have the midpoint thereof connected to the plus terminal of 
the amplifier 172a. The diode D-ll is connected through a 
resistor R-12 to the minus terminal of the amplifier 172a, 
and the emitter of the transistor 176a is connected through 
resistor R-13 to the minus terminal of the amplifier 172a. 

1 q With the arrangement described above, if there is an 

abrupt increase or an abrupt decrease in the amplitude of the 
signal emitted from the amplifier 156a, this will cause the 
amplifier 172a to have its output go to a higher level to 
make the transistor 176a more conductive. Thus, with this 

!5 arrangement, the leading edge detector becomes responsive not 
only to the abrupt increase in signal strength of the L-R 
component, but also to an abrupt decrease in L-R signal 
strength . 

The output from the amplifier 180 is directed through 

20 a pair of resistors 181 and 182 to the summing junction 80. A 
second pair of resistors 183 and 184 are connected in series 
between the input side of the amplifier 178 and a location 
between the resistors 181 and 182. Additionally, a fifth 
resistor 18 5 is connected to a location between the two 

25 resistors 183 and 184. 

There is a first switch 186, having two switching 
elements 186a and 186b. In the position shown in Figure 8, 
the switch 186 is open. When the switch 186 is moved to its 
closed position, the switching element 186a connects the 

30 decision time logic device 36 to the 12 volt source. 

There is a second switch 187 which has two switching 
elements 187a and 187b. When this switch 187 is closed, the 
switching element 187a also connects the decision time logic 
device 36 to the 12 volt source. In addition, the switching 

35 element 187b connects the resistor 185 to ground in a manner 
to bleed off part of the L-R signal passing from the resistor 
183 to the resistor 184. 

When both of the switches 186 and 187 are closed, 
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obviously the decision time logic device 36 is connected to 
the 12 volt source. In addition, with both switching elements 
186b and 187b in the closed position, there is a straight 
path from the location between the resistors 183 and 184 
through the element 186b and then through the element 187b to 
ground. These resistors 181-185 and the switches 186 and 187 
comprise the noise control device 79. 

Therefore, with only switch 186 closed, the time logic 
device 36 operates, with none of the signal passing through 
resistors 183 and 184 being bled off. When the switch 187 
is closed, and the switch 186 open, also the decision time 
logic device 36 is connected to the 12 volt source, but a 
part of the signal passing through the resistors 183 and 184 
is bled off. Finally, when both switches 186 and 187 are 
5 closed, in addition to supplying the voltage to the decision 
time logic device 36, the signal passing from the resistor 
183 is connected directly to ground. Since this signal is the 
L-R signal component received directly from the input matrix 
46, if the signal is very noisy, by pushing both switches 186 
0 and 187 to the closed position, this noise can be largely 
eleminated. On the other hand, if the noise is somewhat less 
bothersome, it can be reduced to some extent by the closing of 
switch 187 and leaving the switch 186 open. On the other hand, 
if the noise is only moderate, the switch 186 can be closed, 
5 with the switch 187 open, so that none of the signal which 
passes in parallel with the leading edge detector 78 is bled 
off. It is to be understood, however, that even when none of 
this signal is bled off this L-R signal, which bypasses the 
amplifiers 178 and 180 is relatively weak and of itself 
0 produces very little noise. 

Reference is now made to Figure 9 which illustrates the 
logic driven output switching device 38. The switching input 
terminal is 190, and it receives . a signal from the decision 
time logic device 36. Also, there is an L input terminal at 
5 192 and an R input terminal at 194. These are connected to 
the output terminals 103 and 107 of the output matrix 12. 
There is a second L input terminal 196, and a second R input 
terminal at 198. These terminals 196 and 198 are connected 
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directly to the output lines 32 and 34, respectively, of the 
input matrix 30. The aforementioned L and R output terminals 
are indicated at 40 and 42, respectively. 

To describe the operation of the switching device 38, 

5 the logic input at 190 is directed to the base of a transistor 
Q-l, the emitter of which is connected to a +12 voltage source 
and the collector of which is connected through a resistor to 
a -12 voltage source. The collector of the transistor Q-l is 
also connected to the base of a second transistor Q-2, the 

10 emitter of which is connected to a -12 voltage source and the 
collector of which is connected to a +12 voltage source. 

The collector of the transistor Q-l is connected to the 
gates of the two field effect transistors Q-3 and Q-4, and 
the collector of the transistor Q-2 is connected to the gates 

X 5 of third and fourth field effect transistors Q-5 and Q-6. 

When a +12 volt signal is imposed on the switching 
input terminal 190, the two transistors Q-l and Q-2 are non- 
conductive, so that -12 volts is imposed at the gates of field 
effect transistors Q-3 and Q-4 to make them nonconductive. 

20 On the other hand, a +12 volt input is imposed on the gates of 
the field effect transistors Q-5 and Q-6 to cause them to be 
conductive. Thus, in this condition, the signal is taken 
directly from the input matrix 30 through the lines 32 and 34 
and directed through the outputs 40 and 42. 

25 However, when there is zero volts directed to the base 

of the transistor Q-l, transistor Q-l and Q-2 both become 
- conductive, with the result that a -12 volts is imposed upon 
the gates of the field effect transistors Q-5 and Q-6, 
while a voltage quite close to 12 volts is imposed upon the 

30 gates of the field effect transistors Q-3 and Q-4. The 

transistors Q-3 and Q-4 become conductive, so that the signal 
delivered to the outputs 40 and 42 is derived from the input 
terminals 192 and 194 which are in turn connected to the 
output matrix 50. 

35 Reference is now made to Figure 10, which is a schematic 

block diagram indicating the main fucntions of the decision 
time logic device 36. The operation of this device will first 
be discussed generally with reference to Figure 10 and later, 
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in more detail, with reference to Figure 11. 

As indicated previously herein, the function of the 
logic device 36 is to examine the composite FM stereo signal 
to determine if it is of sufficiently high quality to be 
transmitted to the output terminals 40 and 42. If it turns 
out that the signal is sufficiently strong and relatively 
free of distortion, the L and R signals are transmitted 
directly from the input matrix 30 to the outputs 40 and 42 to 
the logic driven output switching device 38, On the other 
hand, when the logic circuit 36 examines the FM stereo signal 
and determines that the signal is not adequate to be 
transmitted directly, then it diverts the signal through the 
various components of the present invention and finally to 
the output matrix 52. The output of the matrix 52 is then 
transmitted through the switching device 38 to' the output 
terminals 40 and 42. 

As indicated in Figure 10, there is a switch identi- 
fied by numeral 200 which is connected to a 12 volt source. 
This switch 200 actually comprises either of the switches 186 
or 187, and for convenience of description, it is identified 
as a separate switch 200. Alternatively, the switch 200 could 
be made as a separate switch that is closed by closing either 
of the switches 186 or 187. By closing this switch 200, the 
logic device 36 is brought into operation. This switch 2 00 
serves certain conventional functions of causing power to 
be transmitted to the various components of the device 36, as 
needed. Also, it delivers a 12 volt pulse to a triggering 
device 202 and a 12 volt input enable to a muting signal 
input 204. 

When the triggering device 202 receives the 12 volt 
input, it immediately activates the time logic circuit 206 
for a period of approximately 1 and 1/2 seconds. At the same 
time, the triggering device 202 causes a signal to be directed 
to the D flip flop 208 to enable it to become operative. 

The time logic circuit 206 provides a "window" of 
approximately 1 and 1/2 second duration, during which a 
multipath distortion level indicator 210 and a signal strength 
indicator 212 become activated. The composite signal is 
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become operative. The oscillator 228 provides a pulsating 
input to the time delay drive 218 to enable it to become 
operative . 

Before proceeding to a detailed description of the 
5 logic circuit 36 with reference to Figure 11, it may be 
helpful to review the operation of the components as 
disclosed in Figure 10, Let is be assumed that the main FM 
tuner with which the present invention is associated has 
been turned on and is producing stereo signals, and let it 

10 be assumed that the switch 200 is open. In this situation, 
the left and right stereo signals from the existing tuner 
pass into the matrix 30, to be transmitted through the lines 
32 and 34 and then transmitted directly through the outputs 
40 and 42. Let is now be assumed that the listener wishes 

15 to determine if the signal should be improved, and the 

listener closes the switch 200. The immediate effect is to 
cause the triggering device 202 to activate the time logic 
circuit 206 for the 1 and 1/2 second examination time. During 
this 1 and 1/2 second examination time, the multipath 

20 distortion level indicator 210 looks at amplitude variations 
in the composite signal to determine if there is sufficient 
distortion to warrant processing the L and R signals through 
the various components of the present invention. At the same 
time, the signal strength indicator 212 examines the signal 

25 strength to determine if it is sufficiently weak to warrant 
processsing of the L and R signals. (If the signal is rather 
weak, it can be assumed that there will be enough random 
noise in the amplified signal so that the output would be of 
sufficiently low quality to warrant the processing of the 

30 signals through the various components of the present 
invention) ♦ Let it be assumed that at least one of the 
indicators 210 or 212 determines that the signal is 
sufficiently defective to warrant processing. Then one or 
the other of the indicators 210 or 212 sends an activating 

35 signal to the input of the gate 214 (which is already 

receiving pulses from the oscillator 226), and this gate 214 
supplies the pulses to the D flip flop 208 (which has already 
been activated from the triggering device 202), The D flip 
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directed through line 213 to the two indicators 210 and 212. 
If either of the indicators 210 and 212 determine that the 
composite signal is of sufficiently low quality, the indicator 
210 or 212 sends a signal to the input of the gate 214. The 
5 clock input to gate 214 is then transmitted to the clock 
terminal of the D flip flop 208 to cause it to transmit an 
activating signal to two binary dividers which function as 
time delay drives 216 and 218. The two time delay drives 
216 and 218 in turn power the two time delay devices 56 and 
10 62. 

Also, the output from the D flip flop 208 is directed 
through line 220 to the switching input terminal 190 of the 
logic driven output switching device 38. 

In addition to activating the two indicators 210 and 
15 212, the time logic circuit 206 transmits a muting signal 
through a line 222 to the main tuner to activate the muting 
circuit of that tuner to mute the sound during the 1 and 1/2 
second examination period. The muting circuit of a conventio- 
nal tune is well known in the prior art, so it will not be 
20 described herein. Briefly, the muting circuit is activated 
during the change from one station to another so that there 
is not random noise being produced during the station change. 

Further, there is a line 224 which is connected to the 
existing muting circuit of the tuner, and this supplies an 
25 input to the muting signal input 204. When this muting signal 
input 204 is activated, it in turn activates the time logic 
circuit 206 to cause it to operate for the 1 and 1/2 second 
examination period to determine whether the L and R signals 
should be processed and delivered to the output matrix 52. 
30 Thus, with -the decision time logic device 36 operative, each 
time there is a station change, the time logic circuit 206 
is activated for the 1 and 1/2 second period to examine the 
quality of the signal from the new station to see if the 
processing components of the present invention should be 
35 brought into operation. 

Also, there are two oscillators 226 and 228. The 
oscillator 226 supplies pulses to the time delay drive 216 
and to an input on gate 214 to enable those components to 
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flop 208 transmits an activating signal to the two time 
delay drives 216 and 218 to activate the two time delay 
circuits 56 and 62. In addition, the output from the D flip 
flop 208 acts through the input 190 of the logic driven 
5 output switching device 38 to cause the outputs from the 
output matrix 52 to be transmitted through the device 38 
to the output terminals 40 and 42, with the output of lines 
32 and 34 being shut off. 

During the 1 and 1/2 second decision period, the time 

10 logic circuit 206 also sends a signal through line 222 to 

activate the muting circuit of the existing tuner. It should 
be noted that this 1 and 1/2 second delay in the production 
of sound will occur whether or not the indicators 210 and 212 
react immediately during the first part of the 1 and 1/2 

15 second decision period or later in that period, or do not 
react at all. 

On the other hand, let it be assumed that the switch 
200 is closed to activate the time logic circuit 206, but 
that the existing stereo signal from the existing tuner is 

20 of sufficiently high quality. Under these circumstances, the 
time logic circuit 206 would still send the muting circuit 
to the tuner to shut off the sound for the 1 and 1/2 second 
decision period. However, since neither of the indicators 
210 or 212 would send an activating signal, at the end of 

25 the 1 and 1/2 second decision period, the L and R signals 

would be transmitted from the input matrix 30 through the two 
lines 32 and 34 and out of the output terminals 40 and 42. 

Let it now be assumed that the person decides to change 
stations in the existing FM tuner, with the switch 200 having 

30 been previously closed. This would cause the muting circuit 
to generate a muting signal in the tuner, and this would be 
transmitted through the line 224 to the muting signal input 
204, which would in turn transmit a signal to the time logic 
circuit 206 and initiate another 1 and 1/2 second examination 

35 period for the new station. It should be indicated that the 
output from the muting signal input 204 begins at the termi- 
nation of the muting signal through the line 224. Thus, the 
tuner would first find the new station, at which time the 
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muting circuit in the existing tuner would turn off. Then the 
indicators 210 and 212 would have a full 1 and 1/2 second 
period to examine the signal from a new station to determine 
whether or not the signal should be processed. 
5 Let is now be assumed that the person decides to open 

the switch 2 00 and listen to the music produced by the 
unprocessed L and R stereo signals. In this instance, the 
triggering device 202 is arranged so that upon opening of 
the switch 200 , the time logic circuit 206 is activated for 

10 the 1 and 1/2 second period to cause the muting circuit of 
the tuner to be activated for this 1 and 1/2 second period. 
This 1 and 1/2 second delay provides a time separation from 
the production of sound from the processed signals and the 
unprocessed signals . 

15 Reference is now made to Figure 11 which shows the 

decision time logic device 36 in more detail. The switch 
200 connects through a line 230 to the base of a transistor 
Q-10, the collector of which is connected to +12 volt 
source. The line 230 also bypasses the transistor Q-10 to 

20 supply a 12 volt pulse through a line 232 to an inverter 
234. This causes the output at 236 of the inverter 234 to 
go to zero. This zero voltage is transmitted through a 
resistor and a capacitor C-l to an input terminal 238 of a 
nand gate 240. The other input terminal to the nand gate 240 

25 is indicated at 242. The nand gate 240 is such that if both 
of the input terminals 2 38 and 2 42 have 12 volts imposed 
thereon, the output at 244 of the nand gate 240 will drop to 
zero. On the other hand, if the voltage of either of the two 
end terminals 238 and 240 drop to zero, the output at 244 

30 jumps to 12 volts. In this instance, since the point 236 has 
abruptly dropped to zero, the input at 2 38 drops to zero to 
cause the nand gate output 244 to abruptly rise to the 12 
volt level. This 12 volts is transmitted through resistor 
R-l back to the input of the inverter 234 to hold the output 

35 at 236 at zero voltage. However, it will be noted that the 

input terminal 238 is connected through two voltage dividing 
resistors R-2 and R- 3 to a +12 voltage source, with the 
capacitor C-l being connected to a point intermediate to 
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resistors R-2 and R-3. The time constant of the capacitor is 
such that after 1 and 1/2 seconds, it becomes charged back 
toward the 12 volt level to a sufficient extent to cause the 
output 244 of the nand gate 240 to go low, and thus act 

5 through the inverter 234 to cause the output at 236 to go up 
to the 12 volt level. 

To relate the discussion immediately above back to the 
block diagram of Figure 10 f the components 234 through 244, 
the resistors R-l through R-3 and the capacitor C-l make up 

10 the time logic circuit 206 that provides the 1 and 1/2 second 
window for examination of the circuit. The transistor Q-10 
and the line 2 32 are part of the triggering device 202. 

The output point 236 of the inverter 234 supplies the 
signal for the multipath distortion level indicator 210 and 

15 also the signal through line 222 to activate the muting 

circuit in the existing FM tuner. The output at 24 4 from the 
nand gate 240 provides the activating signal for the signal 
strength indicator 212. 

To proceed now to a description of the signal strength 

20 indicator 212, there is an operation amplifier 250 which 

functions as a comparator and has one input terminal connected 
through the line 213 to the composite signal source from the 
existing tuner. The other terminal of the amplifier 250 is 
connected through one resistor R-4 to the output 244 of the 

25 nand gate 240, and also through another resistor R-5 to 

ground. When the output at 244 goes positive, it acts through 
the two voltage dividing resistors R-4 and R-5 to provide a 
reference voltage for the amplifier 250. If the signal strength 
is relatively high, then the output of the nand gate 254 will - 

30 be at zero. However, if the operational amplifier 250, which 
acts as a comparator, detects a weak signal, it will put out 
a very low signal which will cause the nand gate 254 to go 
high and transmit a 12 volt signal to one terminal 256 of a 
nand gate 214. The other terminal 260 of the nand gate 214 

35 is connected to the output of the oscillator 226 which thus 
transmits 12 volt positive pulses to the terminal 260. 

Thus, the operational amplifier 250, with the resistors 
R-4 and R-5, and the nand gate 254 are part of the signal 
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strength indicator 212. The oscillator 226 is of conventional 
design, so its components will not be described in detail 
herein. 

To proceed now to a description of the multipath 
5 distortion level indicator 210, there is an operational 
amplifier 262, one terminal of which is attached through a 
capacitor C-2 and line 213 to the composite signal source. 
This operational amplifier 262 responds to small ripples in 
the composite signal that would be caused by multipath 

10 distortion. The output of the amplifier 262 is directed to 
one terminal of the operational amplifier .2 64 which functions 
as a comparator. The other terminal of the comparator 2 64 is 
connected through one resistor R-6 to ground, and through 
a variable resistor R-7 to the output 236 of the inverter 234. 

15 Thus, when the output 2 36 goes to zero, the two resistors R-6 
and R-7 act as voltage dividing resistors to provide a 
reference voltage level to the comparator 264. If the output 
from the amplifier 262 reaches a sufficiently high level, 
it will cause the comparator 264 to send a signal to the input 

20 terminal 256 of the nana gate 214. 

Thus, it becomes apparent that the nand gate 214 
responds to either of two inputs to provide a pulsing output. 
One such input is due to low signal strength, and this is 
provided by the indicator 212 (made up of comparator 250 and 

25 nand gate 254). The other input is from the multipath 

distortion level indicator (comprising the amplifier 262 and 
comparator 264). As indicated previously, as soon as the 
switch 200 is closed, the oscillator 226 provides a constant 
pulsing voltage at the terminal 260 of the nand gate 214. When 

30 the nand gate 214 becomes activated by either of the indicators 
210 or 212, it transmits positive pulses to the clocking input 
266 of the D flip flop 208. 

The set input terminal 268 of the D flip flop 208 is 
connected to the collector of the transistor Q-10. When the 

35 switch 200 is open, the voltage at the set input 268 will be 
at 12 volts, to cause the Q output terminal of the D flip flop 
208 to remain at 12 volts. This 12 volt output is the 
equivalent of no signal at all, in that it will not activate 
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either of the time delay drives 216 or 218 nor the switching 
input of the logic driven output switching device 38. However 
when the switch 200 is closed to cause the transistor Q-10 to' 
operate, the voltage at the collector drops nearly to zero, 
5 which produces a near zero voltage at the set input 268 As 
soon as the positive pulses are transmitted to the clock input 
2 66, this causes the Q output terminal to drop to the same 
voltage as the D terminal, which is zero voltage. This in turn 
imposes zero voltage level at the two set inputs 270 and 272 
10 of the D flip flops 274 and 276, respectively. 

The D flip flops 274 and 276 comprise the time delay 
drive 216 and the time delay drive 218, respectively. The 
pulsing input for the D flip fi op 2 74 is received from the 
oscillator 226. The two output lines 278 and 280 of the D 
15 flip flop 274 provide the drive for the first time delay 
circuit 56. The D flip flop 276 receives its pulsing input 
from the oscillator 228, which is of itself of conventional 
design. The two output lines 282 and 284 of the D flip flop 
276 supply the d-ive to the second time delay device 62. 
20 Also, the output from the Q terminal of the D flip flop 

208 is directed through a line 22 0 to the input terminal 190 
of the logic driven output switching device 38. As indicated 
previously in the description of that device 38, when the 
voltage on line 220 is 12 volts, the L and R outputs 40 and 
25 42 are derived directly from the L and R inputs from the 

matrix 30. However, when the voltage at line 220 drops to zero, 
this acts on the switching device 38 to cause the outputs to 
come from the output matrix 52. 

To proceed now to a description of the muting signal" " 
30 input device 204, there is a nand gate 290 having a first 

input terminal 292 and a second input terminal 294. The termi- 
nal 292 is connected directly to the switch 200 so as to have 
a constant 12 volts imposed thereon. The other input terminal 
294 is connected through the line 224 to an output from the 
35 existing muting circuit in the existing FM stereo tuner. The 
output terminal 296 of the nand gate 290 is connected to the 
input of an inverter 298. The output 300 of the inverter 298 
is connected to the terminal 242 of the nand gate 240 of the 
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time logic circuit 206. 

When the two terminals 292 and 294 of the nand gate 292 
are at +12 volts, the output at 296 is zero. At this time, 
the output at the terminal 300 of the inverter 298 is, at +12 
5 volts, due to resistor R-8 being connected to ground. This 
permits the nand gate 240 to operate in the manner discussed 
above. Let it now be assumed that the switch 200 is closed 
and the capacitor C-l is charged up to the full 12 volts so 
that the input terminal 238 is also at 12 volts. Let it now 
10 be assumed that the operator of the FM tuner changes the 

channel so that the muting circuit sends out a 12 volt signal 
to the terminal 294. At this instant, both terminals 292 and 
294 are at +12 volts, and there is no effect on the inverter 
300. However, as soon as the tuner has moved to a new channel 
15 so that the muting circuit goes off, the voltage at 294 drops 
to zero, which in turn causes the output 296 of the nand gate 
290 to go up to 12 volts, which in turn causes the output 

300 of the inverter 298 to go to zero and thus cause the 
output 244 of the nand gate 240 to go to 12 volts positive. 
20 This activates the time logic circuit 206, in that it causes 
the output 236 of the inverter 234 to go to zero. Thus, the 
aforedescribed process of the signal strength indicator 212 
and the multipath distortion level indicator 210 become active 
to dertermine the strength and distortion of the new signal. 
25 To further describe the operation of the muting signal 

input device 204, let it be assumed that the entire FM tuner 
is turned off, and that the switch 200 is closed. When the 
FM tuner is turned on, the muting circuit is automatically 
activated for about 1/2 of a second. At the end of that 1/2 
30 second, the voltage at 2 94 would drop to zero, to cause the 
nand gate 290 to have its output 296 go to 12 volts, thus 
acting through the inverter 300 and through the nand gate 240 
to cause the time logic circuit 206 to initiate the 1 and 1/2 
second examination period of the FM stereo signal. 
35 Finally, let it be assumed that the main FM tuner is 

operating, and the switch 200 is closed. Now let it be assumed 
that the listener desires to bypass the processing components 
of the present invention and listen to the L and R stereo 
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signals as they are. As soon as the switch 200 is opened, this 
makes the abovementioned transistor Q-10 nonconductive , so 
that the voltage at the collector of the transistor Q-10 
immediately goes to 12 volts. This in turn causes the 12 volt 
5 pulse to be transmitted to the inverter 234 to activate the 
time logic circuit 206 in the manner described above. The 
effect of this is simply to cause the muting signal to be 
transmitted to the line 246 for about 1 and 1/2 seconds. Thus, 
there is the 1 and 1/2 second delay before the FM stereo tuner 
10 produces any sound. This time separation from going from the 
processed signal to the unprocessed signal is desireable in 
that it avoids any abrupt transients. 

With the detailed description of the apparatus of the 
present invention completed, reference is again made to 
15 Figure 2 to review the overall operation of the present 
invention. As indicated previously, the apparatus of the 
present invention in this present embodiment is used in 
connection with a conventional FM tuner which is adapted to 
receive stereo signals and to convert these to left and right 
20 audio-output signals that could be used directly to produce 
FM stereo music. However, as indicated previously, since these 
left and right stereo signals were reconstructed from a previ- 
ously transmitted L+R and L-R signal components, the recon- 
structed left and right output signals (i.e. the L and R 
25 signals) carry the defects of any multipath distortion and 
undesirable noise attributable to the L-R components. 

The left and right inputs are transmitted directly to 
lines 32 and 34 which in turn supply these signals to the 
input terminals 196 and 198 of the logic driven output 
30 switching device 38. At the same time, the input matrix 30 
provides the L+R signal component through line 44 and the 
L-R signal component through the line 46. The circuit 
processing components of the present invention are brought 
into play by closing the switch 200 of the logic device 36. 
35 As indicated previously, this will cause the logic device 36 
to examine the composite signal to determine if there is 
sufficiently high signal strength and sufficiently low multi- 
path distortion. If both these conditions exist, the logic 
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device 36 will not act further, and it will continue to 
transmit a +12 volt signal to the input 190 of the logic 
driven output switching device 38. This will cause the L 
and R input signals to be transmitted directly through the 
5 outputs 40 and 42. 

However, if it is determined that the composite signal 
is inferior, the logic device 36 will cause a zero volt signal 
to be delivered to the terminal 190 of the switching device 
38 and thus disconnect the output terminals 40 and 42 from the 

10 input terminals 196 and 198, and instead connect these termi- 
nals 40 and 42 to the terminals 912 and 194, these terminals 
being connected to the output terminals 103 and 107 of the 
output matrix 52. Also, the decision time logic device 36 
activates the two time delay drives 216 and 218 (which are the 

15 D flip flops 274 and 276) to deliver power to the two time 
delays 56 and 62. 

As described previously in the general description of 
the present invention with regard to the block diagram of 
Figure 2, the L+R signal is directed through line 54 through 

20 the time delay device 56, then through the high pass filter 
58. This produces an L+R signal which is delayed by about 11 
milliseconds and in the frequency range above about 3 kHz. 
The output from the high pass filter 58 is directed to the 
summing junction 59. Also, the L+R signal is directed through 

25 the low pass filter 60, the time delay 62 and the high pass 
filter 64. The effect is to produce an L+R signal which is 
delayed by about 2 6 milliseconds, in the frequency range 
between about 4 80 Hz to 3 kHz, with some output below 480 Hz. 
This output is also delivered to the summing junction 59. 

30 As described previously, the output from the junction 

59 has its amplitude controlled by the automatic gain control 
amplifier 66 in a manner that when the ratio L-R/L+R is 
small, the gain of the amplifier 66 is low. On the other hand, 
when the ratio L-R/L+R is large, the gain of the amplifier 

35 66 is correspondingly high. The output from the amplifier 66 
is directed through the filter 74 and then to the summing 
junction 80. 

With regard to the L-R signal component derived from 



- 34 - 0097982 



f • output terminal 46, as described above, this , - , 
covenant ls passed through the filter J*"™ ' X *™* 
provided to the s ,™ min „ • that th ere i s 

perceived from * n ~ ■ be ea sily 

detector 78 transits the VTsLa CO " POnent ' ^ 

10 level. Thus, the L-R si, ^ component at a reduced 

below 450 H2 at a red Ca ^°"^ are mainly in the ran 

°f the L-R signal 27^ ^ l0 "' ^encies 

noise and J XT'"' "'"* ^ -»P^ to ran, 

i-ctu. so at?^ r; r u r~- *• — - 

>5 does not contribute to the 2 T ^ ^ th * fiU " " 
any great degree d ^radat 1OT of the end sig„ al to 



throu,; 1 ::; ^vx 1 . 1 ' passed at a reduced — 

the summing junction fin u~ 
the switches 186 and 1R7 , u J °" 8 °* However < 

- off this signal ^'IZ £ llT^T^ "> ^ 

When there is a rath- k component is excessiv 

signal co mp on t £ " .^T^T " ° f 

/ <-jie leading edoe detert-nr 7r k 
more conductive Awi nn <-u " uecector 78 becomes 

shown in Figure V th d °* In " e f °™ 

» sensitive only to 'b T * " "™ d =° th " " ^ 

-dined for^o F u r r 8 -T r :; se : in amputude - in °» 

to both abrupt increases and de " ^O^"* 

signal to h. * decreases to cause the L-R 

-Vduri r:::;: i„v he ™* - •* • **. 

30 with 1 „ P lncreases °' ^creases. 

various inp I .^"l"- ^ ^ "* n °" e * Mi " e h °» «» 

output. Let t be ' ^ matrlX " t0 ^ce the 

bet lt: be assumed that FM <^o*-^ 

transmitted and that we are ill! a T ^ f 
of music where there ic no k a short time increment 1 

35 ide„tifi able soua r\ X^r— « — - an 

is sufficiency wak or ^ 
tion so that the signal ' laK " "-"ipath distor- 

invention are bro- oh" opponents of the present 

brought into operation. At this lnst 



- -35 - 



0097982 



two delayed L+R signals would appear at the summing junction 
80, and there would be the L-R signal containing the frequen- 
cies below 450 Hz also at the junction 80 at a somewhat reduced 
level, and the higher frequency portions of the L-R component 
5 being transmitted only at a substantially reduced level. This 
combined signal is transmitted from the junction 80 to the 
input terminal 82 where it is added to the L+R signal to 
produce the output at 40, and is subtracted from the L+R 
output to produce the output at 42. 
10 In this situation, with regard to the frequencies below 

450 Hz, it is readily apparent that the L signal component 
is emitted from the output 40, while the R signal component 
is emitted from the output 42 with some crossover due to the 
reduced level of the low frequency L-R. With regard to the 
15 frequencies above 450 Hz, since there is very little or 
almost no L-R component to be added, the L and R signal 
portions above 450 Hz are emitted from both the L output 40 
and the R output 42. However, since at this instant there is 
little directional information in the sound, there is really 
20 no loss of the stereo effect. Further, since the outpiut from 
the junction 59 supplies the delayed ambient component of the 
sound that is redundant in L+R, the fullness of the musical 
stereo sound is not lost. 

Let us now view another instant in the musical signal 
25 where a distinct musical sound is being initiated so that 
there is a "leading edge" detected at the leading edge 
detector 78. At this instant, the full L-R signal is transmit- 
ted to the junction 80. This in turn is transmitted into the 
matrix 52, with the result that the output at 40 is a more 
30 pure L signal, while the output at 42 is more of. a pure R 
signal. Since at this instant the music contains directional 
information, the person mentally fixes on the newly introduced 
sound to identify it as emanating from one or the other of 
the speakers. Immediately after the person mentally fixes that 
35 location of sound, the leading edge detector 78, now sensing 
that the abrupt change in amplitude has passed, substantially 
diminishes the L-R signal above 450 Hz. However, the person's 
mind, having heard the initiation of the sound in stereo still 
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has the directional impression and thus does not have the 
stereo effect reduced. On the other hand, the harmful effect 
of the undesired noise in the higher frequencies in the 
continuing L-R sound has been substantially diminished, since 

5 the very short periods when the leading edge detector 78 is 
transmitting full L-R signal strength are so short that the 
noise during those short periods is hardly noticeable. 

It is to be understood that the above explanation is 
somewhat general, and while it is believed to be reasonably 

10 accurate in its explanation of the musical phenomena produced, 
there are likely other effects which are not included in this 
explanation. However, regardless of the completeness of 
correctness of the above explanation, it has been found that 
with the present invention, the fullness of the stereo sound 

15 and the directional information of the stereo sound can be 
effectively reproduced, while alleviating almost all of the 
undesired random noise and multipath distortion. Also, it is 
readily recognized that various modifications could be made 
to the apparatus of the present invention, without departing 

20 from the basic teachings thereof. 
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CLAIMS 

1. An apparatus to provide an improved FM stereo 
output, where there is an L+R signal component corresponding 
to the sum of an L signal and an R signal, and an L-R signal 
component corresponding to the difference of the L signal 
5 and the R signal, said apparatus comprising: 

a) input means to provide an input signal made up of 
said L+R signal component and said L-R signal component; 

b) output means including matrix means to receive 

and combine said signal components at respective sufficiently 
10 high levels to produce a first output mode where there is a 
first output component corresponding more to said L signal 
and a second output component corresponding more to said R 
signal so as to be able to provide directional information, 
and to receive at least said L+R signal at a sufficiently 
15 greater level than said L-R signal to produce a second output 
mode where said first and second output components both 
correspond more closely to said L+R signal component; 

c) control means including detector means to detect 
from said signal first signal portions where there is a more 

20 abrupt change of amplitude and to transmit the L-R signal 

components of said first signal portions at said sufficiently 
high level to produce said first output mode, and during 
second signal portions other than said first signal portions 
to diminish said L-R signal component relative to said L+R 

25 signal component to produce said second output mode. 
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2. The apparatus as recited in Claim 1, whereCn said 
control means is arranged to diminish primarily a higher 
frequency portion of said L-R signal component during said 
second signal portions. 

3. The apparatus as recited in Claim 2, wherein said 
control means comprises a low pass filter to transmit a low 
frequency portion of said L-R component to said matrix means, 
independently of said detector means. 

4. The apparatus as recited in Claim 3, said control 
means further comprising amplifier means to receive said 
L-R signal component and to transmit said L-R signal 
component to said matrix means, said detector means being 
responsive to said abrupt change of amplitude to cause said 
amplifier means to transmit the L-R signal component at a 
higher level in response to said detector means detecting 
said abrupt change of amplitude. 

5. The apparatus as recited in Claim 4, further 
comprising noise control means connected to said matrix means 
in parallel with said amplifier means to transmit said L-R 
signal component to said matrix means, said noise control 
means having selectively operable switch means to diminish 
the L-R signal component delivered by said noise control means 
so as to be able to diminish noise contributed by said L-R 
signal component. 

6. The apparatus as recited in Claim 4, wherein said 
detector means is responsive primarily to increases in 
amplitude of said signal to transmit the L-R signal component 
of said first signal portions at said sufficiently high 
level. 

7. The apparatus as recited in Claim 4, wherein said 
detector means is responsive to both abrupt increases and 
decreases in the amplitude of the signal to transmit the 
L-R signal component of the first signal portions at said 
sufficiently high level. 

8. The apparatus as recited in Claim 1, further compri- 
sing time delay means adapted to receive said L+R signal 
component and to provide a delayed L+R signal input to said 
output means, so as in turn to produced delayed L+R output 
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from said output means. 

9. The apparatus as recited in Claim 8, wherein said 
time delay means comprises a first time delay device to 
produce a first delayed L+R signal input of a shorter delay 
5 and a second time delay device to produce a second delayed 
L+R signal input of a greater delay. 

10. The apparatus as recited in Claim 9, said control 
means further comprising time delay control means to control 
amplitude of said delayed L+R signal input in accordance with 

10 relative signal strength of the L-R signal component in 
comparison to the L+R signal component. 

11. The apparatus as recited in Claim 8, further 
comprising time delay control means to control amplitude of 
said delayed L+R signal input in accordance with relative 

15 signal strength of the L-R signal component in comparison to 
the L+R signal component. 

12. The apparatus as recited in Claim 13, further 
comprising filter means to receive the delayed input from 
the time delay means and to diminish a middle frequency 

20 portion of said time delayed input relative to low and high 
frequency portions thereof, so as to provide a modified input 
which is transmitted to said output means. 

13. The apparatus as recited in Claim 13, wherein 
there is control logic means to cause said output means to 

25 be selectively responsive to said control means, said control 
logic means comprising: 

a) signal strength indicator means responsive to a value 
related to said input signal in a manner to determine a low 
signal strength condition where signal strength is below. a 

30 predetermined signal value, 

b) multipath distortion indicating means responsive to 
variations in a value relating to said input signal to 
indicate a multipath distortion condition where multipath 
distortion is above a predetermined multipath distortion level, 

35 c) logic output means responsive to said signal strength 

indicator means and said multipath distortion indicator means 
to cause said output means to be responsive to said control 
means when the signal strength is below said predetermined 
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signal strength level or said multipath distortion is above 
said predetermined multipath distortion level. 

14. The apparatus as recited in Claim 16, wherein said 
control logic means further comprises a time logic circuit 
5 means to initiate a predetermined examination time period and 
to cause said signal strength indicating means and said 
multipath distortion indicating means to become operative 
during said examination time period so as to be able to make 
said logic output operative during said examination time 
10 period. 

15. The apparatus as recited in Claim 17, wherein said 
time logic circuit means includes muting means to cause sound 
output of said apparatus to become muted during said examina- 
tion time period. 

15 16. The apparatus as recited in Claim 18, wherein said 

time logic circuit means is responsive to station change 
indicating means of said apparatus, in a manner to initiate 
said examination time period to cause said signal strength 
indicator means and said multipath distortion indicator means 

20 to become activated where there is a change of station input 
to said apparatus. 

17. The apparatus as recited in Claim 1, wherein said 
detector means comprises: 

a) capacitor means to receive a value related to said 
25 L-R signal component and to transmit a differentiated signal 

related to rate of change of said L-R signal component, 

b) signal control means responsive to said differentiated 
signal to produce a control signal related to said 
differentiated output, 

30 c) L-R variable transmitting means adapted to transmit 

said L-R signal component to said output means at a variable 
output level, and responsive to said control signal to trans- 
mit saia L-R signal component at a greater or lesser level 
depending upon magnitude of said differentiated output from 

35 said capacitor means. 
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